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(57) ABSTRACT 

The present invention relates to a method and apparatus for 
detecting voice activity in a communication signal, wherein 
filter means are provided for estimating or suppressing an 
offset component of the level of the communication signal. 
A filter parameter is controlled based on the output of the 
filter means. Furthermore, the estimation or Suppression of 
the offset component is limited in response to the output of 
the filter means. The filter means may be based on a 
non-linear adaptive notch level filter or a noise floor tracking 
filter. Thereby, the tracking behavior of noise floor estima 
tion to Sudden rises in noise floor can be improved and the 
voice activity detection can work efficiently over a wide 
dynamic range. 
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VOICE ACTIVITY DETECTION WITH ADAPTIVE 
NOISE FLOOR TRACKING 

0001. The present invention relates to a method and 
apparatus for detecting voice activity in a communication 
signal of a telecommunication system in the main area of 
mobile and cordless applications, and more particularly to 
be used for automated gain control devices for estimation of 
active speech level in noisy environments. 
0002. In communication systems where speech signals 
are transmitted to a listener or recorded by a telephone 
answering machine, it is desirable to adjust the level of the 
speech signal automatically to a predefined reference level. 
no matter what the actual speech level is. This increases 
audibility and listener comfort. The regulation mechanism 
of the corresponding automatic gain control device which 
should put the output level to the reference value needs a 
reliable measurement and estimation of the long-term active 
speech level. The control device should also have the 
capability to prevent undesirable boosting of the background 
noise during speech causes. This demands a voice activity 
detection circuit (VAD) which works well even in the 
presence of high background noise levels which may vary 
considerably from time to time. 
0003 FIG. 1 shows time-dependent signal diagrams of a 
clean speech signals (upper diagram) and a short-term level 
signal S generated from the clean speech signal. In Such a 
case with absence of noise, voice activity detection can be 
performed by comparing the level signal with an absolute 
threshold to identify segments with active speech. This is 
typically done by applying a low-pass or Smoothing filter to 
the squared input samples of the signals (short-term power 
estimation) or to the absolute value of the input samples 
(short-term magnitude level estimation). The low-pass filter 
may be a digital first order recursive filter (Infinite Impulse 
Response (IIR) Filter) used for so-called leaky integration. 
A time constant parameter C. of the filter is typically selected 
in a range of 2 to 27 for a sampling rate of 8 
0004) To place particular emphasis on the onsets of the 
speech signal the parameter can be switched depending on 
rising or falling level. Voice activity is now detected if the 
short-term level S of the clean speech signals is above the 
fixed absolute threshold parameter TH A. This can be 
expressed by the following expression: 

VAD=1 if S(i)-TH AsO (1) 

0005 FIG. 2 shows a schematic block diagram of a voice 
activity detector as described for example in document EP 0 
110 464 B2. According to FIG. 1, a noisy speech signal is 
Supplied via an input terminal E to an analogue/digital (A/D) 
converter 2 which generates sample values X(k) at a prede 
termined sample timing, where k is an integer number and 
designates a sequence number of the sample values. Then, 
the sample values X(k) are Supplied to a noise floor estima 
tion unit 4 which is arranged to estimate the background 
noise present in the digital representations, i.e. sample 
values X(k), of the received speech signal. In parallel, the 
sample values X(k) are also supplied to a signal power level 
estimation unit 6 which performs computations and/or pro 
cessing in order to determine the signal power present in the 
received speech signal. The computation and/or processing 
at the signal power level estimation unit 6 can be based on 
a determination of a squared mean value of the input sample 
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values. The outputs of the noise floor estimation unit 4 and 
the signal power level estimation unit 6 are then Supplied to 
a comparison or comparator unit 8 arranged to determine a 
relative threshold value based on the estimated noise floor, 
and to compare the estimated signal power level with this 
relative threshold value. Based on the result of comparison, 
the comparison unit 8 generates a control signal and Supplies 
this control signal to a voice activity detection processing 
unit 10 which generates a VAD flag for indicating voice 
activity, in response to the received control signal. 

0006 Thus, the voice activity detector shown in FIG. 2 
assigns its VAD flag in dependence on a threshold compari 
son of the value of the noisy input level with the value of an 
estimation of the background noise level. 
0007 FIG. 3 shows time-dependent signal diagrams 
similar to FIG. 1 for a case where a noisy speech signal X 
comprises a stationary background noise. The more station 
ary background noise is added like a constant offset to the 
clean speech signal level S to form the short-term level X of 
the composite signal speech with noise (solid line in FIG. 3). 
It is to be noted here that signals denoted by small letters 
correspond to the actual or real sample values as obtained 
from the A/D converter 2 of FIG. 2, while signals designated 
by capital letters correspond to level signals obtained from 
the original sample values by Smoothing or averaging, of 
either the squared samples or of the magnitude of the 
samples, respectively. 

0008. The voice activity detection scheme should now 
include the property to consider how much the active parts 
of the speech signal X get out of the background noise which 
means for the short-term level of the noisy speech signal X 
to cross significantly a relative amount of an estimated offset 
level N, the so-called noise floor. The VAD decision should 
thus additionally include a relative threshold parameter 
TH R which is weighted by the estimated noise floor, and 
can be expressed as follows: 

VAD=1 if X(i): TH R-N(i)-TH AsO (2) 

0009. In FIG. 3, the estimated noise floor N is indicated 
as a dotted line, and the noise-weighted relative detection 
threshold is indicated as a dashed line. If the estimated noise 
floor N is first removed from the short-term level X of the 
noisy speech signal to get a short-term level estimation S' of 
a clean speech signal, this can be expressed by the changed 
equation: 

VAD=1 if S(i)-(1-TH R)-X(i)-TH AsO (3) 

0010. The basic principle of a level separation, i.e. sepa 
ration of the stationary noise floor N from the less stationary 
level of speech signals, can be applied in many applications 
as a VAD mechanism. This means that no additional prop 
erties of speech and noise signals, e.g. spectral structure, 
Zero crossing rate, signal-amplitude distribution etc., are 
considered. In most applications, a Sufficient distinction 
between speech and noise can be based merely on the 
different stationary behavior of their short-term levels. But 
the assumption that the noise floor will be more or less 
constant over the whole time has to be dropped in reality. 
Indeed, it is necessary to base the decision also on the 
possibility of slowly time varying or even abruptly changing 
noise floor. The VAD mechanism should thus have the 
feature to track the noise floor. Tracking the noise floor can 
be based on an update procedure of the background noise 
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estimation, which may be achieved using a slow-rise/fast 
fall technique according to which the noise floor is directly 
set equal to the input level if the latter falls below the noise 
floor estimation. On the other hand, rising input level should 
preferably be assigned to active speech segments and only 
used with care to rise the background noise level estimation, 
too. The goal is to reduce the interdependency between 
Voice activity detection and background noise floor update. 
It has been shown that a good independent tracking behavior 
of the real noise floor also leads to a good performance of 
VAD and long-term active speech level estimation, and this 
again improves the overall AGC performance. 

0011. In the above document EP 0 110 467 B2, a noise 
floor tracking procedure with a conservative update is 
described, where the noise floor estimation is increased with 
an increment constant which only works acceptable if the 
noise level remains quite stable. This procedure leads to a 
good performance as long as the changes in the noise floor 
are moderate. However, the tracking of Sudden increases in 
the noise floor is poor. It sometimes takes seconds to adapt 
to the new noise floor. 

0012 Another noise floor tracking solution is described 
in document U.S. 2002/0152066 A1, in which the tracking 
speed is increased considerably in case of a rising noise floor 
by a slope factor weighting process. The slope factor is 
chosen such that a constant rise time of 2.8 dB/s is achieved 
in the logarithmic domain. However, as the amount of 
increase in the noise floor update depends on the current 
actual noise floor estimation itself, there is never a compa 
rable timing behavior over the whole dynamic range. This 
makes it difficult to work with a constant slope factor. If the 
first estimation of the noise floor is far away from the real 
noise floor, a slope factor with a much higher value should 
be used, and considerably reduced later on to track only the 
Small actual deviations. 

0013 In summary, both known tracking solutions suffer 
in practice from the problem that the performance cannot be 
maintained over a wide dynamic range. It remains the main 
problem to find a good trade-off between mutually exclusive 
possibilities, i.e. do not follow too much the speech level 
during speech activity, but track quickly enough an 
increased noise level. 

0014. It is therefore an object of the present invention to 
provide a Voice activity detection scheme, by means of 
which trackability of noise floor estimation can be improved 
over a wide dynamic range. 

0.015 This object is achieved by a voice activity detection 
apparatus as claimed in claim 1 and by a voice activity 
detection method as claimed in claim 7. 

0016. Accordingly, a simple and robust solution for 
tracking the noise floor in Voice activity detection is pro 
vided. In contrast to prior-art solutions, a wide dynamic 
range and a good interdependency between Voice activity 
detection and fast and reliable noise floor tracking can be 
achieved. The noise floor estimation is done upwards with a 
filter having time-variant filter coefficients which determine 
the tracking speed. If the level of the input communication 
signal is above the estimated offset component, i.e. noise 
floor, a rising noise level is assumed and the filter coeffi 
cients can be chosen Such that the tracking speed is more and 
more increased. On the other hand, if the level of the input 
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communication signal is below the estimated offset compo 
nent, the tracking speed can be reduced at once in order to 
avoid the problem that the estimated noise floor follows the 
speech level. The present solution thus provides improved 
noise floor tracking during Sudden rises of the noise floor 
and works well over a large dynamic range. 
0017 According to a first aspect, the filter means may 
comprise a notch-type filter with a notch at Zero frequency, 
and the limitation means may comprise a non-linear element 
with limitation characteristic for Suppressing transmission of 
negative signals to the recursive path of the notch-type filter. 
Thus, by adding the non-linear element into the recursive 
path of the notch-type filter, it is assured that the subtraction 
of the offset component in the notch-type filter never results 
in a negative output level value. 
0018. According to a second aspect, the filter means may 
comprise a low-pass filter for extracting the offset compo 
nent, and the limitation means may comprise comparing 
means for comparing the extracted offset component with 
the communication signal and Switching means for selecting 
either the extracted offset component or the communication 
signal in response to an output of the comparing means. 
Hence, the low-pass filter directly estimates the noise floor 
while the switching means directly copies the input level to 
the noise floor if the input level falls below the noise floor. 
Thereby, a quick downward update can be obtained. 
0019. The parameter control means may be adapted to set 
the filter parameter to a first value which leads to a lower 
tracking speed of the estimation, if the level of the commu 
nication signal falls below the level of the estimated offset 
component, and to set the filter parameter to a second value 
which leads to a higher tracking speed of the estimation, if 
the level of the communication signal is higher than the level 
of the estimated offset component. Specifically, the param 
eter control means may work with an exponential adaptation 
of the filter parameter within the limitation of a minimum 
value and a maximum value and may be reset to the 
minimum value in dependency on the comparing means. 
Thereby, the adaptation of the filter parameter corresponds 
to the preferable slow-rise/fast-fall technique. A stable esti 
mation of the noise floor during speech activity can thus be 
obtained. 

0020. The present invention will now be described on a 
basis of preferred embodiments with reference to the draw 
ings, in which: 
0021 FIG. 1 shows signaling diagrams indicating a prin 
ciple of voice activity detection for clean speech; 

0022 FIG. 2 shows a state of the art schematic block 
diagram of a voice activity detector arrangement; 
0023 FIG. 3 shows signaling diagrams indicating the 
principle of voice activity detection for noisy speech signals; 

0024 FIG. 4 shows a schematic block diagram of a voice 
activity detector arrangement in which the present invention 
can be implemented; 

0025 FIG. 5 shows a diagram indicating the frequency 
response of a notch filter; 

0026 FIG. 6 shows schematic functional block flow 
diagram of a non-linear adaptive notch level filter according 
to a first preferred embodiment of the present invention; 
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0027 FIG. 7 shows a schematic functional flow diagram 
of an offset subtraction filter which can be used in a second 
preferred embodiment of the present invention; 
0028 FIG. 8 shows a schematic functional flow diagram 
of an adaptive noise floor tracking filter according to the 
second preferred embodiment; 
0029 FIG. 9 shows a signal diagram indicating adaptive 
noise floor estimation with fast tracking according to the first 
and second preferred embodiments; and 
0030 FIG. 10 shows signaling diagrams for comparing 
tracking behavior of different noise floor estimation 
schemes. 

0031. In the following, the preferred embodiments will 
be described on a basis of a voice activity detection scheme 
as indicated in FIG. 4. According to FIG. 4, a noisy speech 
signal is Supplied via an input terminal E to an analogue/ 
digital (A/D) converter 2, similar to the arrangement of FIG. 
2. Then, the sample values are Supplied to a level calculation 
means 42 for calculating Smoothened short-term level values 
X of said sample values. The smoothened level values X are 
Supplied to a noise floor estimation unit 44 which comprises 
a limitation functionality 141 and is arranged to estimate the 
background noise floor present in the digital representations, 
i.e. Smoothened level values, of the received speech signal. 
In parallel, the smoothened level values are also supplied 
together with the estimation output of the noise floor esti 
mation unit 44 to a parameter control unit 46 which controls 
filter parameters of a filter function provided in the noise 
floor estimation unit 44 and to a voice activity control unit 
48 which generates the VAD control signal, e.g., the VAD 
flag. 
0032. According to the preferred embodiments, the pro 
posed voice activity detector works with a combination of 
predetermined relative and absolute threshold values and 
indicates speech activity if the short-term input level values, 
e.g. low-pass filtered absolute values of input samples, is 
significantly above a noise floor estimation value. Based on 
the relative threshold, the input level values are weighted 
and then subjected to noise floor subtraction. Finally, the 
absolute threshold is related to the clean speech signal level 
values obtained as a result of the noise floor subtraction, so 
as to generate the VAD control signal, e.g., as defined in the 
above equation (2). 
0033. In the following preferred embodiments, the func 
tions of the noise floor estimation unit 44 and the parameter 
control unit 46 are combined in a single estimation process 
ing unit 40. 
0034. The update of the noise floor is generally achieved 
with a reduced rate on a Sub-sampled base of the original 
sampling rate. The noise floor estimation performed in the 
noise floor estimation unit 44 of FIG. 4 is achieved with a 
filter having at least one time-variant filter coefficient which 
determines the actual tracking speed. This filter can be 
adapted to estimate or calculate the noise floor or, as an 
alternative, to cancel it out directly from the input signal 
level values. If the input level value falls below the noise 
floor estimation, a limitation of the noise floor estimation is 
performed by the limitation functionality 141 and the adap 
tive filter coefficient can be reset to a minimum slow 
tracking speed value from which on it will be increased e.g. 
by an exponential function up to a maximum fast tracking 
speed. 
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0035. According to the first preferred embodiment, a 
non-linear adaptive notch filter is used for noise floor 
canceling. Thus, an estimation of a clean speech signal level 
value S is obtained in the noise floor estimation unit 44. This 
clean speech signal level value S and the input level value 
X can be supplied directly to the voice activity control unit 
48, where the VAD threshold comparison could be per 
formed. As an alternative, the noise floor estimation unit 44 
may determine the noise floor by Subtracting again the 
estimated clean speech signal level value S from the noisy 
speech level value X. 
0036) A notch filter with a notch at Zero frequency 
removes a DC component of a signal. The difference equa 
tion and Z-transformation of Such a general first order 
recursive filter are given in the following equation: 

y(k) = x(k) - x(k - 1) + y : y (k - 1) (4) 

0037. By means of the filter coefficient Y, the sharpness of 
the notch resonance can be controlled. If the filter parameter 
Y moves towards “1, the notch gets more distinctive. On the 
other hand, the filter response time will increase. 
0038 FIG. 5 shows a frequency response of a general DC 
notch filter for two different settings of the filter parameter 
Y. As can be gathered from FIG. 5, the higher value of the 
filter coefficient Y (which corresponds to the solid line), 
provides a more distinctive filtering operation as compared 
to the lower value of the filter coefficient Y indicated by the 
dashed line. 

0.039 However, the direct application of the DC notch 
filter to the noisy speech level values X will not help to 
remove the noise floor, since this is not the DC part of the 
composite level. The noise floor can only be removed if it is 
assured that the subtraction of the constant offset level never 
results in a negative output level value. This can be achieved 
by adding a non-linear filter element with a limitation curve 
into the recursive path of the DC notch filter. Thereby, the 
clean speech signal level values S always assume a value 
larger or equal Zero. 
0040 FIG. 6 shows a schematic functional flow diagram 
of an example of the estimation processing unit 40 with the 
non-linear adaptive notch level filter according to the first 
preferred embodiment. As can be gathered from FIG. 6, a 
non-linear element 16 with a limitation curve has been 
introduced into the recursive path and thus provides the 
limitation functionality 141 of FIG. 4. The limitation curve 
serves to block or suppress signals having a value less than 
Zero, while positive signals are passed. This assures that the 
clean speech signal levels S'always assumes positive values. 
According to the usual DC notch filter structure, the input 
signal level values X are directly supplied to an arithmetic 
function 13 by which the input signal level values X are 
added to delayed input signal level values X(i-1) which 
have been delayed at a first delay element 11 by one sample 
period. Furthermore, a feedback signal generated from the 
clean speech signal level values S(i-1) of the last sample 
period is added to generate the actual clean speech signal 
level values S(i). The feedback signal is obtained by delay 
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ing the last clean speech level signal value S(i-1) in a 
second delay element 12 by one sample period and multi 
plying or weighting the delayed signal by a filter parameter 
Y(i) in a multiplier 14. To deal with the demands for a good 
performance over the whole dynamic range, the filter param 
eter Y(i) is made adaptive, as described later. Thereby, a 
non-linear adaptive notch-level filter is obtained. The adap 
tive filter parameter Y(i) is generated at a parameter control 
unit 46 to which the output clean speech signal level values 
S(i) are supplied. In view of the fact that the clean speech 
signal level values S(i) already correspond to the difference 
between input signal level values X(i) and the noise floor 
N(i), it is sufficient here to only supply the clean speech 
signal level values to the parameter control unit 46. 
0041. The cancellation of the DC component or offset by 
the DC notch filter can also be regarded as a procedure in 
which, at first, an estimation of the offset component is 
formed by a low-pass filter operation, and then, the offset 
signal is subtracted from the original input signal to obtain 
the offset free or clean output signal. 
0.042 FIG. 7 shows a schematic functional flow diagram 
of a processing or procedure equivalent to a linear DC notch 
filtering operation. Here, at first, an estimation of the offset 
signal d(k) is obtained by low-pass filtering of the input 
signal X(k). Then, this offset signal d(k) is Subtracted. The 
low-pass filtering of the input signal X(k) is achieved by an 
IIR filter consisting of two delay elements 20, 22 with a 
delay corresponding to one sample period, and two multi 
plying or weighting elements 24, 26 for weighting or mul 
tiplying a received signal by respective filter coefficients C. 
and (1-C). The offset signal d(k) is Subtracted at a subtract 
ing unit 29 from the original input signal X(k) to obtain the 
offset free output signal y(k). This offset subtraction struc 
ture shown in FIG. 6 can also be obtained by simple 
conversion of the equivalent equation (4). The following 
equation (3) corresponds to the offset subtraction filter 
Structure of FIG. 7: 

0.043 FIG. 8 shows another example of the estimation 
processing unit 40 with an adaptive noise floor tracking filter 
according to the second preferred embodiment. This filter is 
based on the offset subtraction filter structure shown in FIG. 
7. 

0044 According to FIG. 8, a noise floor estimation N is 
obtained including the principle of the slow-rise/fast-fall 
technique mentioned above. The noise floor estimation N(i) 
obtained by low-pass filtering the input signal level values 
X(i) is compared at a comparator function 39 with the 
original input signal level values X(i) and the comparison 
result is used to control a switching function 35 which either 
switches the noise floor estimation N(i) or the original input 
signal level values X(i) to the output as the final noise floor 
estimation N(i). The comparator function 39 and the switch 
ing function 35 thus serve as the limitation functionality 141 
of FIG. 4. This structure can be described by the following 
equation: 

0045 Similar to the first preferred embodiment, the filter 
parameters C.(i) and (1-C(i)) are generated by a parameter 
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control unit 46 to which the comparison output of the 
comparator function 39 is supplied. 
0046) Thus, by keeping in mind that the noise floor 
estimation N(i) can be subtracted from the input signal level 
value X(i) to get a noise level free speech level estimation 
S(i) and that the offset subtraction filter parameter C. can be 
derived from the notch filter parametery of the first preferred 
embodiment, a connection between the limitation function 
curve of the non-linear element 16 of FIG. 6 to the slow 
rise/fast-fall technique in the noise floor tracking filter 
according to a second preferred embodiment can be estab 
lished. Hence, both embodiments use the same basic prin 
ciples. The usage of the non-linear adaptive notch level filter 
structure of the first preferred embodiment and the adaptive 
noise floor tracking filter structure of the second preferred 
embodiment is equivalent to that extend. 
0047 FIG. 9 shows a time-dependent signal diagram 
indicating an input level signal (solid line) and a noise floor 
estimation (dashed line). Additionally, the dotted rectangular 
signal indicates the value of the VAD flag at the output of the 
voice control unit 48 shown in FIG. 4. The signals shown in 
FIG. 9 are valid for both first and second preferred embodi 
ments of the present invention. As can be gathered from FIG. 
9, a good tracking of the real noise floor by the noise floor 
estimation can be obtained. Furthermore, the fast fall tech 
nique can be seen after the first speech period at a time of 
approximately 200 ms, where the noise floor estimation 
directly follows the decreasing input level signal. The 
improved tracking performance of the noise floor estimation 
leads to an improved matching of the value of the VAD flag 
to active speech periods. 
0048. In the following, the parameter control performed 
by the parameter control unit 46 of the first and second 
preferred embodiments is described in more detail. 
0049. The filter parameter Y of the non-linear adaptive 
notch level filter according to the first preferred embodiment 
or the filter parameter C. of the noise floor tracking filter 
according to the second preferred embodiment both affect in 
general the speed of the noise floor estimation to follow a 
rising input signal level value X. Therefore, the adaptation 
control of these parameters has to be aligned with or adapted 
to the slow-rise/fast-fall technique. If the actual input signal 
level value X falls below the estimated noise floor N, which 
also indicates that the noise floor has already been reached, 
the tracking speed should be reset to a very low value. 
Hence, respective slow tracking Values C=C and Y = 
Y are selected to avoid that the noise floor estimation 
follows the speech level. On the other hand, if the opposite 
condition holds on for longer time intervals then the length 
of non-stationary speech sections, i.e. the input signal level 
value X is higher than the noise floor estimation level N., a 
rising noise floor should be assumed and the filter parameter 
should now be made more and more sensitive, i.e. the 
tracking speed is increased by Successively increasing the 
filter parameters until respective fast tracking values C= 
Crs and Yin-Yrs have been reached. i8X 

0050. The successive change of the filter parameters can 
be based on an exponential adaptation within the above two 
limiting values. To achieve this, an interim state variable a(i) 
can be introduced including a start value as and a coefficient 
c. Now, the adaptive non-linear notch level filter structure 
according to the first preferred embodiment may perform a 
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filter parameter update at the parameter control unit 18 
according to the following equation (6): 

0052) Y(i)=maxYin, (Yal-a(i)) 
0053. Furthermore, the parameter control unit 38 of the 
noise floor tracking level filter structure according to the 
second preferred embodiment may perform a filter param 
eter update according to the following equations (7): 

a(i)=a otherwise restart 

a(i)=(1+c)a(i-1) if X(i)>N(i) (8) 

0054) 
0055 C.(i)=minC (C+a(i)) 
0056. This control or setting of the filter coefficients leads 
to a stable estimation of the stationary noise floor during 
speech activity. On the other hand, the tracking speed to 
follow a rising noise floor is optimized for the slow-rise/ 
fast-fall principle. Thereby, good overall performance can be 
achieved within a wide dynamic range. 
0057 FIG. 10 show signaling diagrams for the initially 
described known tracking procedures and the improved 
adaptive tracking procedures according to the first and 
second preferred embodiments so as to obtain a comparison 
in the tracking behavior of noise floor estimation schemes. 
0.058. In the upper diagram of FIG. 10, the dynamic range 
noise floor estimation with increment constant described in 
document EP 0 110 467 B2 is shown. As can be seen from 
this diagram, the value of the VAD flag (dotted line) cannot 
follow or reflect the actual speech periods at situations 
where the noise floor has risen suddenly, due to the fact that 
the noise floor tracking is too slow. 

a(i)=a otherwise restart 

0059. The upper second diagram indicates the dynamic 
range noise floor estimation with slope factor constant as 
described in document U.S. 2002/0152066 A1. Again, the 
voice activity detection behavior is insufficient in cases of 
strong jumping noise floor, as can be seen in the time period 
from t=8.000 ms to t=14.000 ms. 

0060. The lower two diagrams respectively relate to the 
adaptive notch filter structures and noise floor tracking 
structures according to the first and second preferred 
embodiments. After a relatively short period required for 
increasing the noise floor estimation, the VAD flag matches 
well with the actual voice activity even in cases of strong 
noise floor variations. 

0061. It is to be noted that the present invention is not 
restricted to the above preferred embodiments, but can be 
applied to any voice activity detection mechanism. Specifi 
cally, other filter arrangements with higher filter orders can 
be used for obtaining the clean speech signal level values S' 
or the noise floor estimation N, respectively. The elements of 
the functional flow diagrams indicated in FIGS. 4 and 6 to 
8 may be implemented as concrete hardware functions with 
discrete hardware elements or as Software routines control 
ling a signal processing device. The preferred embodiments 
may thus vary within the scope of the attached claims. 

1. An apparatus for detecting voice activity in a commu 
nication signal, said apparatus comprising: 

a) filter means for performing an estimation or a Suppres 
sion of an offset component of the level of said com 
munication signal; 
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b) parameter control means (46) for controlling a filter 
parameter of said filter means based on an output of 
said filter means; and 

c) limitation means (16:35, 39) for limiting said suppres 
sion or said estimation of said offset component in 
response to said output of said filter means. 

2. An apparatus according to claim 1, further comprising 
level calculation means (42) for calculating a short-term 
level of said communication signal, and Voice activity 
control means (48) for comparing input and output levels of 
said filter means. 

3. An apparatus according to claim 1, wherein said offset 
component is a noise floor component of the level of said 
communication signal. 

4. An apparatus according to claim 1, wherein said filter 
means comprises a notch-type filter with a notch at Zero 
frequency, and said limitation means comprises a non-linear 
element (16) with a limitation characteristic for Suppressing 
transmission of negative signals through the recursive path 
of said notch-type filter. 

5. An apparatus according to claim 1, wherein said filter 
means comprises a low-pass filter for extracting said offset 
component, and said limitation means (35. 39) comprises 
comparing means (39) for comparing said extracted offset 
component with said communication signal and Switching 
means (35) for selecting one of said extracted offset com 
ponent and said communication signal in response to an 
output of said comparing means (39). 

6. An apparatus according to claim 1, wherein said 
parameter control means (46) are adapted to set said filter 
parameter to a first value which leads to a lower tracking 
speed of said estimation, if the level of said communication 
signal falls below the level of said estimated offset compo 
nent, and to set said filter parameter to a second value which 
leads to a higher tracking speed of said estimation, if the 
level of said communication signal is higher than the level 
of said estimated offset component. 

7. An apparatus according to claim 6, wherein said 
parameter control means (46) is adapted to apply an expo 
nential adaptation of said filter parameter within the limita 
tion of predetermined parameter values. 

8. A method of detecting voice activity in a communica 
tion signal, said method comprising the steps of 

a) filtering an offset component of the level of said 
communication signal; 

b) controlling a filter parameter used in said filtering step, 
based on the result of said filtering step; and 

c) limiting said filtering step in response to the result of 
said filtering step. 

9. A method according to claim 8, wherein said filtering 
step is adapted to Suppress said offset component by apply 
ing a filter characteristic with a notch at Zero frequency, and 
said limitation step is performed by applying a limitation 
characteristic for Suppressing transmission of negative sig 
nals. 

10. A method according to claim 8, wherein said filtering 
step is adapted to extract said offset component, and said 
limitation step comprises the steps of comparing the 
extracted offset component with the level of said commu 
nication signal and selecting one of said extracted offset 
component and said level of said communication signal in 
response to the comparing result. 

k k k k k 


